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Recommendation G.728

CODING OF SPEECH AT 16 kbit/s USING LOW-DELAY
CODE EXCITED LINEAR PREDICTION

(1992)

1 Introduction

This Recommendation contains the description of an algorithm for the coding of speech signals at 16 kbit/s
using low-delay code excited linear prediction (LD-CELP). This Recommendation is organized as follows.

In 8 2 a brief outline of the LD-CELP algorithm is given. In 88 3 and 4, the LD-CELP encoder and LD-CELP
decoder principles are discussed, respectively. In § 5, the computational details pertaining to each functional algorithmic
block are defined. Annexes A, B, &d D contain tables of constants used by the LD-CELP algorithm. In Annex E the
sequencing of variable adaptation and use is given. Finally, in Appendix | information is given on procedures applicable
to the implementation verification of the algorithm.

Under further study is the future incorporation of three additional appendices (to be published separately)
consisting of LD-CELP network aspects, LD-CELP fixed-point implementation description, and LD-CELP fixed-point
verification procedures.

2 Outline of LD-CELP

The LD-CELP algorithm consists of an encoder and a decoder describe®ih §8d 2.2%espectively, and
illustrated in Figure 1/G.728.

The essence of CELP techniques, which is an analysis-by-synthesis approadbekiook search, is retained
in LD-CELP. The LD-CELP however, uses backward adaptation of predictors and gain to achieve an algorithmic delay
of 0.625ms. Only the index to the excitation codebook is transmitted. The predictor coeffaientpdatedhrough
LPC analysis of previously quantized speech. The excitation gain is updated by using the gain information embedded in
the previously quantized excitation. The bl@ike for the excitation vect@nd gain adaptation is five samplagy. A
perceptual weighting filter is updated using LPC analysis of the unquantized speech.

2.1 LD-CELP encoder

After the conversion from A-law qi-law PCM to uniform PCM, theput signal is partitioned into blocks of
five-consecutive input signalamples. For eacimput block, the encodepasses each df024 candidate codebook
vectors (stored in an excitation codebook) through a gain scaling unit and a synthesis filter. From the 1@2dlting
candidate quantized signal vectors, the encoder identifies the one that minimizes a frequency-weighted mean-squared
error measure with respect to timput signal vector. The 10-bit codebook index of the corresponding best codebook
vector (or “codevector”), which gives rise to that best candidate quantized signal vector, is transmitted to the decoder.
The best codevector is then passed through the gain scaling unit and the synthesis filter to establistttliidter
memory in preparation for the encoding of the next signal vector. The synthesis filter coefficients and the gain are
updated periodically in a backward adaptive manner based on the previously quantized signal and gain-scaled excitation.
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FIGURE 1/G.728
Simplified block diagram of LD-CELP coder

2.2 LD-CELP decoder

The decoding operation is also performed on a block-by-block basis. Upon reaseimd 0-bit index, the
decoder performs a table look-upégrtract the corresponding codevector from the excitation codebook. The extracted
codevector is then passed through a gain scaling unit and a synthesis filter to produce the current decoded signal vector.
The synthesis filter coefficients and the gane then updated in tteame way as ithe encoder. The decoded signal
vector is then passed through an adaptive postfilter to enhance the perceptual quality. The postfilter coefficients are
updated periodically using the information available at the decoder. The five samples of the postfilter signal vector are
next converted to five A-law qr-law PCM output samples.
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FIGURE 2/G.728
LD-CELP encoder block schematic
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FIGURE 3/G.728
LD-CELP decoder block schematic
3 LD-CELP (encoder principles)

Figure 2/G.728 is a detailed bloskhematic of the LD-CELP encoder. The encoder in Figi®&728 is
mathematically equivalent to the encoder previously shown in Figure 1/6ui28 computationallynore efficient to
implement.

In the following description:

a) for each variable to be describkds the sampling index and samples are taken apd28tervals;

b) a group of five consecutive sphas in a given signal is calledvactor of that signal. For example, five
consecutive speech samples form a speech vector, five excitation samples form an excitation vector, and
SO0 on;

c) we usen to denote the vector index, which is different from the sample ikdex

d) four consecutive vectors build oadaptationcycle In a later section, we also refer to adaptation cycles
asframes The two terms are used interchangeably.

The excitation vector quantization (VQ) codebook index isotfilg information explicitly transmitted from
the encoder to the decoder. Three other types of parameters will be periodically updated: the excitation gain, the
synthesis filter coefficients, and the perceptual weighting filter coefficients. These parametéesived in a backward
adaptive manner from signals that occur prior to the current signal vector. The excitation gain is updated once per
vector, while the synthesis filter coefficients and the perceptual weighting filter coeffiaientipdated once evefyur
vectors (i.e. a 20-sample, Br5 ms update period). Note that, although the processiqgence in the algorithm has an
adaptation cycle of four vectof@0 samples), the basic buffer size is stiflly one vector (fivesamples). This small
buffer size makes it possible to achieve a one-way delay less than 2 ms.

A description of each block of the encoder is given below. Since the LD-CELP coder is mainly used for
encoding speech, for convenience of description, in the following we will assume thaptiesignal is speech,
although in practice it can be other non-speech signals as well.
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3.1 Input PCM format conversion

This block converts the input A-law prlaw PCM signaky(k) to a uniform PCM signal,(K).

3.1.1 Internal linear PCM levels

In converting from A-law opi-law to linear PCM, different internal representations are possiefending on
the device. For example, standard tables fdaw PCM define a linear range of4-815.5 to +4 015.5. The
corresponding range for A-law PCM i2 816 to +2 016. Bottables list some output values having a fractional part of
0.5. These fractional parts cannot be represented in an integer device unless the entire table is multiplied by 2 to make all
of the values integers. In fact, this is what is most commonly done ingied digital signal processing (DSP) chips.
On the other hand, floating point DSP chips can represent the same values listed in the tables. Throughout this document
it is assumed that thaput signal has anaximum range of —895 to +4 095. Thiencompassesoth thep-law and A-
law cases. In thease of A-law it implieshat when the linear conversion results in a range2di16 to +2 016, those
values should bscaled up by a factor of 2 before continuing to encode the signal. tasbeofu-law input to a fixed
point processowhere thanput range is converted t@-031 to +8 031, iimplies that values should lsealeddown by
a factor of 2 before beginning the encoding process. Alternatively, these values can be treated as being in Q1 format,
meaning there is one bit to the right of the decipwht. All computation involving the data would then needale
this bit into account.

For thecase of16-bit linear PCM input signals having full dynamic range 82 468 to +32 767, the input
values should be considered to be in Q3 format. Mieians that theput values should becaleddown (divided) by a
factor of 8. On output at the decoder the factor of 8 would be restored for these signals.

3.2 Vector buffer

This block buffers five consecutive speech sampléan), sy(5n + 1), ...,su(5n + 4) to form a 5-dimensional
speech vecta(n) = [sy(5n), sy(dn + 1), ...,su(5n + 4)].

3.3 Adapter for perceptual weighting filter

Figure 4/G.728 shows the detailed operation of the perceptual weighting filter adapter (block 3 in
Figure 2/G.728). This adapter calculates the coefficients of the perceptual weighting filter once every four speech
vectors based on linear prediction analysis (often referred to as LPC analysis) of unquantized speech. The coefficient
updates occur at the third speech vector of every 4-vector adaptation cycle. The coefficients are held constant in between
updates.

Refer to Figure 4a)/G.728. The calculation is performed as follows. Firsinpl (unquantizedypeech
vector is passed through a hybrid windowing module (block 36) wiladtes a window on previous speech vectors and
calculates the first 11 autocorrelation coefficients of the windowed speech signaloagpiite The Levinson-Durbin
recursion module (block 37) then converts these autocorrelation coefficients to predictor coefBeasetison these
predictor coefficients, the weighting filter coefficient calculator (block 38) derives the desired coefficients of the
weighting filter. These three blocks are discussed in more detail below.

First, let us describe the principles of hybrid windowing. Since this hybrid windowing technique will be used
in three different kinds of LPC analyses, we first give a more general description of the technique and then specialize it
to different casesSuppose the LPC analysis is to be performed once &veignal samples. To be general, assume that
the signal samples corresponding to the current LD-CELP adaptation cys|{gnaresy(m+ 1), sy(m+ 2), ...,sy(m+ L —
1). Then, for backward-adaptive LPC analysis, the hybrid window is applied to all previous sigpkssaith a
sample index less than (as shown in Figure 4b)/G.728). Let thereNb@on-recursive samples in thgbrid window
function. Then, the signal sampkgm —1), sy(m-2), ...,su(m—N) are all weighted by the non-recursive portion of the
window. Starting withs,(m — N — 1), all signal samples to the left of (and including) this sarapeweighted by the
recursive portion of the window, which has valbeba, ba2, ..., where 0 b<1and 0 < < 1.
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At time m, the hybrid window functiomy(K) is defined as

@fm(k) = boa-Tk-(MmN-1)]  if ksm-N-1
Wm(k) = Lgm(K) = —sinp(k—-m], if m-N< ksm-1 (3-1a)
Ho, if k=m

and the window-weighted signal is

AsuK) fr(®) = su(k) bo-l--n-D], - if k<m-N-—1
sK) = su®) Win(K) = Osu(®) gm(k) = <su(®) sinfek — m)], if m-N< k<m-1 (3-1b)
o, if k=>m

The samples of non-recursive portigg(k) and the initial section of the recursive portigik) for different
hybrid windowsare specified in Annex A-or anM-th order LPC analysis, we need to calculdte- 1 autocorrelation
coefficientsRy(i) fori = 0, 1, 2, ...M. Thei-th autocorrelation coefficient for the current adaptation cycle can be
expressed as

m-1 m-1
Ru(i) = 2 smK) smk=i) =rm(i) + 3  sm(k) smk—i) (3-1c)
k=— k=m-N
where
m-N-1 m-N-1
) = 3 sm) smk=i) = 3 su(k) su(k—i) fm(k) fm(k =) (3-1d)
k=—0 Kk = —o0

On the right-hand side of equation (3-1c), the first teg(i) is the “recursive component” &x(i), while the
second term is thenbn-recursive componéntThe finite summation of the non-recursive component is calculated for
each adaptation cycle. On the other hand, the recursive component is calculated recursively. The following paragraphs
explain how.

Suppose we have calculated and storedyil)s for the current adaptation cycle and want to go on to the next
adaptation cycle, which starts at samgjen + L). After the hybrid window is shifted to the right bysamples, the new
window-weighted signal for the next adaptation cycle becomes

Asu(®) fmeL(K) = su(K) fm(K) al, if k<m+L-N-1
SmrL(K) = su(K) Wine (K) =0su(k) gmet (k) = —su(®) sinfc(k—m =D, if m+L-N< k< m+L-1 (3-1e)
, if k>m+L

The recursive component Bf, + (i) can be written as

mHLN—1
@ = > smer(K) smeL(k—i)
k=—
mN-1 mrL-N—1
= 3 sm®smik=i) + 3> smi(K) smi(k—i) (3-1f)
k=—00 k=m-N
m-N-1 mrL-N—1
= Y su®) K absyk=i) fmk=i) al + 3 sme(K) sme(k—i)
k=—0 k=m-N
or
mrL-N-1
rmet() = aZlrpi) + Y smeL(K) SmeL(k—1) (3-19)
k=m-N

Recommendation G.728  (09/92) 7



Therefore,rms (i) can be calculated recursively fromy(i) using equation (3-1g). This newly calculated
rm+L(i) is stored back to memory for use in the following adaptation cycle. The autocorrelation coeffigiéhis then
calculated as

mtL-1
Rmet() = rmec() + 2 smel(K) smer(k—1i) (3-1h)
k=m+L-N

So far we have described in a general manner the principles of a hybrid window calculation procedure. The
parameter values for the hybrid windowing module 36 in Figure 4a)/G.728 are

_ _ _ _gg_ .10
M = 10,.L = 20,N = 30 andx = 50 = 0.98282059%0 thaw2. = 5

Once the 11 autocorrelation coefficieR($), i = 0, 1, ..., 10 are calculated by the hybrid windowing procedure
described above, a “white noise correctipndcedure is applied. This is done by increasing the er@yby a small
amount:

R(O) « %%;%R(O) (3-1i)

This has the effect of filling the spectral valleys with white noise so as to reduce the spectral dynamic range
and alleviate ill-conditioning of the subsequent Levinson-Durbin recursion. The white noise correction factor (WNCF)
of 257/256 corresponds to a white noise level about 24 dB below the average speech power.

Next, using the white noise corrected autocorrelation coefficients, the Levinson-Durbin recursion module 37
recursively computes the predictor coefficients from order 1 to dr@etet thej-th coefficients of thd-th order
predictor beg(). Then, the recursive procedure can be specified as follows:

E(0) = R(0) (3-2a)

i-1

Ri) + & VRi-))

=1

k= - E(—1) (3-2b)

8’ = k (3-20)

a” =™+ kY 1<j<i-1 (3-2d)
E() = (1 —K)E(-1) (3-2¢)

Equations (3-2b) through (3-2e) are evaluated recursively=dr, 2, ..., 10, and the final solution is given by

g = a?, 1<is<10 (3-2f)

8 Recommendation G.728  (09/92)



If we defineqp=1, then the 10-th order “prediction-error filtefSometimes called “analysis filter”) has the
transfer function

10
8(2) =Y qz (3-3a)

i=0

and the corresponding 10-th order linear predictor is defined by the following transfer function

10
Q2 =-> gz (3-3b)

i=1

The weighting filter coefficient calculator (block 38alculates the perceptual weighting filter coefficients
according to the following equations:

10
Qz/v) = -y @vyz (3-4b)
i=1
and
10 )
Qz/y2) = -y @vy) 7z (3-4c)

i=1

The perceptual weighting filter is a 10-th order pole-zero filter defined by the transfer fuldtprin
equation (3-4a). The valuesyafandy, are 0.9 and 0.6, respectively.

Now refer to Figure2/G.728. The perceptual weighting filter adapter (block 3) periodically updates the
coefficients 0fW(z) according to equations (3-2) through (3-4), &atls the coefficients to the impulse response vector
calculator (block 12) and the perceptual weighting filters (blocks 4 and 10).

3.4 Perceptual weighting filter

In Figure 2/G.728, the current input speech veefny is passed through the perceptual weighting filter
(block 4), resulting in the weighted speech veotfm). Note that except during initialization, the filter memory
(i.e. internal state variables, or the values held in the delay units of thedfilear)d not beeset to zero at any time. On
the other hand, the memory of the perceptual weighting filter (block 10) will need special handling as described later.

3.4.1  Non-speech operation

For modem signals or other non-speech signals, CCITT test results indicate that it is desirable to disable the
perceptual weighting filter. This is equivalent to settifp)=1. This can most easily be accomplishegiifindys in
equation (3-4a) are set equal to zero. The nominal values for these variables in the speech &danare.6,
respectively.

3.5 Synthesis filter

In Figure 2/G.728, therare two synthesis filters (blocksad 22) with identical coefficients. Both filters are
updated by the backward synthesis filter adapter (block 23). Each synthesis filter is a 50-th order all-pole filter that
consists of a feedback loop with a 50-th order LPC predictor in the feedback branctaridfer function of the
synthesis filter i$=(2) = 1/[1 —P(2)], whereP(2) is the transfer function of the 50-th order LPC predictor.

Recommendation G.728  (09/92) 9



After the weighted speech vectdn) has been obtained, a zero-input response vegipwill be generated
using the synthesis filter (block 9) and the perceptual weighting filter (block 10). To accomplish this, we first open the
switch 5, i.e. point it to node 6. This implies that the sigiuahg from node 7 to the synthesis filter 9 will be zero. We
then let the synthesis filter 9 and the perceptual weighting filter 10 “ring” for fiv@lsanfone vector). This means that
we continue the filtering operation for five samples with a zero signal applied at node 7. The restiurigof the
perceptual weighting filter 10 is the desired zero-input response véayor

Note that except for the vector right after initialization, the memory of the filters 9 and 10 is in general
non-zero; therefore, the output veat(n) is also non-zero in general, even though the filter input from node 7 is zero. In
effect, this vector(n) is the response of the two filters to previous gain-scaled excitation veftorsl), e(n — 2), ...

This vector actually represents the effect due to filter memory up toimé)

3.6 VQ target vector computation

This block subtracts the zero-input response ve¢ifrom the weighted speech vectgn) to obtain the VQ
codebook search target vecign).

3.7 Backward synthesis filter adapter

This adapter 23 updates the coefficients of the synthesis filters 22antitakes the quantized (synthesized)
speech as input and produces a set of synthesis filter coefficients as output. Its operation is quite similar to the perceptual
weighting filter adapter 3.

A blown-up version of this adapter is shown in Figure 5/G.728. The operation of the hybrid windowing
module 49 and the Levinson-Durbin recursion module 50 is exactlgaime as their counterpai3 and 37) in
Figure 4a)/G.728, except for the following three differences:

a) the input signal is now the quantized speech rather than the unquantized input speech;

b) the predictor order is 50 rather than 10;

c) the hybrid window parameters are differét= 35,0 = S 0 = 0.992833749

Note that the update period is stilF 20, and the white noise correction factor is still 257/256 = 1.00390625.

N
Let P(2) be the transfer function of the 50-th order LPC predictor, then it has the form

PR = -5 Az (3-5)

whered; are the predictor coefficients. To improve robustness to channel errors, these coefficients are modified so that
the peaks in the resulting LPC spectrum have slightly larger bandwidths. The bandwidth expansion module 51 performs
this bandwidth expansion procedure in the following way. Given the LPC predictor coeffigiemtsnew set of
coefficientsa; is computed according to

a=AN%,i=1,2...50 (3-6)

whereA is given by
A= 253 _ 0.98828125 3-7
T 256 37
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Backward synthesis filter adapter

This has the effects ahoving all the poles of the synthesis filter radially toward the origin by a factor of
Since the poles are moved away from the unit circle, the peaks in the frequency response are widened.

After such bandwidth expansion, the modified LPC predictor has a transfer function of
50

P@ = -3 azi (3-8)
i=1

The modified coefficients are then fed to the synthesis filteaad®22.These coefficients are also fed to the
impulse response vector calculator 12.

The synthesis filters 9 and 22 both have a transfer function of

1

F@@ = 1——P(Z)

(3-9)

Similar to the perceptual weighting filter, the synthesis filters 9 an@dr@2also updated once evenur

vectors, and the updates also occur at the third speech vector of every 4-vector adaptation cycle. However, the updates
are based on the quantized speech up to the last vector of the previous adaptation cycle. In other words, a delay of two
vectors is introduced before the updates take place. This is because the Levinson-Durbin recursion module 50 and the

energy table calculator 15 (described later) are computationally intensive. As a resuthoengnthe autocorrelation

Recommendation G.728  (09/92) 11



of previously quantized speech is available at the first vector of each four vector cycle, computations may require more
than one vector worth of time. Therefore, to maintain a basic bsifferofone vector (so as to keep the coding delay

low), and to maintain real-time operation, a 2-vector delay in filter updates is introduced in order to feedittitee
implementation.

3.8 Backward vector gain adapter

This adapter updates the excitation ga{m) for every vector time inder. The excitation gairo(n) is a
scaling factor used to scale the selected excitation vgetorThe adapter 20 takes the gain-scaled excitation vegtpr
as its input, and produces an excitation ggim as its output. Basically, it attempts to “predict” the gai(aj based
on the gains of(n — 1),e(n — 2), ... by using adaptive linear prediction in the logarithmic gain domain. This backward
vector gain adapter 20 is shown in more detail in Figure 6/G.728.

Gain-scaled
Excitation gain excitation vector
o 20
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FIGURE 6/G.728

Backward vector gain adapter

Refer to Figures/G.728. This gain adapter operates as follows. The 1-vector delay umék&s the previous
gain-scaled excitation vecte(n — 1) available. The root-mean-square (RMS) calculator 39 then calculates the RMS
value of the vectoe(n — 1). Next, the logarithm calculator 40 calculates the dB value of the RM@® ef1), by first
computing the base 10 logarithm and then multiplying the result by 20.

In Figure 6/G.728, a log-gain offset value of 32 dB is stored in the log-gain offset value holder 41. This value
is meant to be roughly equal to the average excitation gain level (in dB) during voiced speech. The adder 42 subtracts
this log-gain offset value from the logarithmic gain produced by the logarithm calculator 40. The resulting offset-
removed logarithmic gaid(n — 1) is then used by the hybrid windowing module 43 and the Levinson-Durbin recursion
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module 44. Again, blocks 43 and 44 operate in exactly the same way as blocks 36 and 37 in the perceptual weighting
filter adapter module (Figure 4a)/G.728), except that the hybrid window parameters are different and that the signal
under analysis is now the offset-removed logarithmic gain rather than the input speech. (Note that only one gain value is
produced for every five speech samples.) The hybrid window parameters of block 43 are:

M = 10,N = 20,L = 4,a = [I]%é = 0.96467863

The output of the Levinson-Durbin recursion module 44 is the coefficients of a 10-th order linear predictor
with a transfer function of

A 10
R@ =-) diz (3-10)
i=1

The bandwidth expansion module 45 then moves the roots of this polynomial radially toward the z-plane
original in a way similar to the module 51 in Figure 5/G.728. The resulting bandwidth-expanded gain predictor has a
transfer function of

10
R@ =-) aizi (3-11)
i=1
where the coefficients; are computed as
o = %ﬁ%&i = (0.90625)a; (3-12)

Such bandwidth expansion makes the gain adapter (block 20 in Figure 2/G.728) more robust to channel errors.
Thesen; are then used as the coefficients of the log-gain linear predictor (block 46 of Figure 6/G.728).

This predictor 46 is updated once every four speech vectors, and the updates take place at the second speech
vector of every 4-vector adaptation cycle. The predictor attempts to p&d)cbased on a linear combination of

o(n—1),8(n-2), ...,8n - 10). The predicted version &fn) is denoted ag(n) and is given by

A 10
3n) = -3 a;d(n—i) (3-13)
i=1

N
After d(n) has been produced by the log-gain linear predid6yrwe add back the log-gaaffset value of
32 dB stored in 41. The log-galimiter 47 then checks the resulting log-gain value and clips it if the value is
unreasonably large or unreasonably small. The lower and upperdimitet to 0 dBind 60 dB, respectively. The gain
limiter output is then fed to the inverse logarithm calculd&rwhichreverses the operation of the logarithm calculator
40 and converts the gain from the dB value to the linear domain. The gain limiter ensures that the gain in the linear
domain is in between 1 and 1000.

3.9 Codebook search module
In Figure 2/G.728, blocks 12 through 18 constitute a codelseakch modul€4. This modulesearches

through the 1024candidate codevectors in the excitation VQ codebook 19 and identifies the index of the best
codevector which gives a corresponding quantized speech vector that is closest to the input speech vector.
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To reduce the codebook search complexity,ltebit, 1024-entry codebook is decomposed into twallgm
codebooks: a 7-bit “shape codebook” containi@8 independentodevectors and a 3-bit “gain codebook” containing
eight scalar values that are symmetric with respect to zero (i.e. one bit for sign, two bits for magnitude). dbtpfinbal
codevector is the product of the best shape codevector (from the 7-bit shape codebook) and the best gain level (from the
3-bit gain codebook). The 7-bit shape codebook table and the 3-bit gain codebook table are given in Annex B.

3.9.1  Principle of codebook search

In principle, the codebook search module s24les each of th£024 candidate codevectors by the current
excitation gaino(n) and then passes the resultit@24 vectors one at a timiarough acascaded filter consisting of the
synthesis filterF(2) and the perceptual weighting filté(z). The filter memory is initialized to zero each time the
module feeds a new codevector to the cascaded filter with transfer fuH¢on F(2\W(2).

The filtering of VQ codevectors can be expressed in terms of matrix-vector multiplicatioy. deethej-th
codevector in the 7-bit shape codebook, andjldte the i-th level in the 3-bit gain codebook. L&{r)} denote the
impulse response sequence of the cascaded filter. Then, when the codevector specified by the codeboakdjdices
fed to the cascaded filtét(2), the filter output can be expressed as

K = Ha(mgiy; (3-14)

where

Dh(O) 0 0 0 0 |:|
h h
|:| (1) h(O) O 0 ((j |:|

H = —h@ h1) hO) o
h3) h@) ha) ho) o LI
[Tha n@ @ nw noy [

(3-15)

The codebook search module &darches for the best combination of indicesdj which minimizes the
following mean-squared error (MSE) distortion.

D = [Ix(n) - x;j |12 = o(n) [|X(n) — gi Hy; |2 (3-16)
Where'i(n) =x(n)/a(n) is the gain-normalized VQ target vector. Expanding the terms gives us

D = o2(n) HI&M 12 — 2 XT(n) Hy; + g2 Hy, [12H (3-17)

Since the term}(n)|R and the value af2(n) are fixed during the codebook search, minimiZinig equivalent
to minimizing

D =-2gp'(n)y; + &F (3-18)
where
p(n) = HT X(n) (3-19)
and
Ej = I[Hy; |2 (3-20)
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Note thatEj is actually the energy of theh filtered shape codevectors and does not depend on thery&
vectorQ(n). Also note that the shape codevegids fixed, and the matriki only depends on the synthesis filter and the
weighting filter, which are fixed over a period fwfur speech vectors. Consequently,is also fixed over a period of
four speech vectors. Based on this observation, when the two filergpdated, we can computad store the 128
possible energy ternts, j = 0, 1, 2, ..., 127 (corresponding to the EP@pe codevectors) and then use these energy
terms repeatedly for the codebook seatuhing the next four speech vectors. This arrangement reduces the codebook
search complexity.

For further reduction in computation, we can precompute and store the two arrays
bi = 2g; (3-21)
and

G = g? (3-22)

N
fori =0, 1, ..., 7. These two arrays are fixed sinseate fixed. We can now exprd3ss
N
D =-hiP + GE (3-23)

wherePj = pT (n)y;.

Note that once thgj, bj, andg; tables are precompute/@d stored, the inner product teRpn= pT (n)y;, which
solely depends on j, takes most of the computation in deterninifigus, the codebook search procedure steps through
the shape codebook and identifies the best gain infidkeeach shape codevecigr

There are several ways to find the best gain indexa given shape codevectgr

N
a) The first and the most obvious way is to evaluate the eight poBsiddues (lz\orresponding to the eight
possible values af and then pick the indexwhich corresponds to the small@&tHowever, this requires
two multiplications for each

b) A second way is to compute the optimal g@in Pi/Ej first, and then quantize this ga’jﬁo one of the
eight gain levelsdp, ...,g7} in the 3-bit gain codebook. The best indeis the index of the gain levg|

which is closest t@. However, this approach requires a division operation for each di2Bshape
codevectors, and division is typically very inefficient to implement using DSP processors.

c) A third approach, which is a slightly modified version of the second approach, is particularly efficient for
DSP implementations. The quantizatiorﬁocﬁan be thought of asseries of comparisons betwe@rand
the “quantizer cell boundariesivhich are the mid-points between adjacent gain levelsd;L the mid-
point between gain leve; and gj+1 that have thesamesign. Then, testinga‘ < d?' is equivalent to
testing ‘P; < diE;?". Therefore, by using the latter test, we can avoid the division operation and still
require only one multiplication foeach index. This is the approach used in the codebook search. The
gain quantizer cell boundariels are fixedand can be precomputed and stored in a table. For the eight
gain levels, actually only six boundary valwigsds, do, d4, ds, andds are used.

Once the best indicasandj are identified, they are concatenated to formathgput of the codeboogearch
module —a single 10-bit best codebook index.

3.9.2  Operation of codebook search module

With the codebook search principle introduced, the operation of the codebook search module 24 is now
described below. Refer to FiguPéG.728. Every time when the synthesis filter 9 and the perceptual weighting filter 10
are updated, the impulse response vector calculator 12 computes the first five samples of the impulse response of the
cascaded filteF(2W(Z2). To compute the impulse response vector, we first set the memory of the cascaded filter to
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zero, then excite the filter with an input sequence {1, 0, 0, 0, 0}. The corresponding five outplessainthe filter are

h(0), h(1), ...,h(4), which constitute the desired impulse response vector. After this impulse response vector is computed,
it will be held constant and used in the codebook search for the following four speech wetiiotise filters 9 and 10

are updated again.

Next, the shape codevector convolution module 14 computdgheectorsHy;, j = 0, 1, 2, ..., 127. In other
words, it convolves each shape codevegtgr= 0, 1, 2, ..., 127 with thienpulse response sequerg®), h(1), ...,h(4),
where the convolution ienly performed for the first fiveasnples. The energies of the resultit2f vectors are then
computed and stored by the energy table calculator 15 according to equation (3-20). The energy of a vector is defined as
the sum of the squared value of each vector component.

Note that the computations in blocks 12, 14, andrE5performednly once every fouspeech vectors, while
the other blocks in the codebook search module perform computations for each speech vector. Also note that the updates
of theEj table is synchronized with the updates of the synthesis filter coefficients. That is, tkp table will be used
starting from the third speech vector of every adaptation cycle. (Refer to the discussion in § 3.7.)

The VQ target vector normalization module 16 -calculates the gain-normalized VQ target vector

Q(n) =x(n)/a(n). In DSP implementations, it is more efficient to first computgr))/ and then multiply each component
of x(n) by 1io(n).

Next, the time-reversed convolution module 13 computes the ve@pr= HTQ(n). This operation is
equivalent to first reversing the order of the componenf%{r()f then convolving the resulting vector with the impulse
response vector, and then reverse the component order afuthaet again (and hence theame “time-reversed
convolution”).

OnceEj, bj, andg; tables are precomputethd stored, and the vectpfn) is also calculated, then the error
calculator 17 and the best codebook index selector 18 work together to perform the following efficient cedatutok
algorithm:

N N
a) Initialize Dmin to @ number larger than the largest possible vali @i use the largest possible number
of the DSPs number representation system).

b) Set the shape codebook ingexO0.
c) Compute the inner produlf = pt(n)y;.

d) |If pj <0, go to step h) to seartiirough negative gains; otherwise, proceed to step sjawhthrough
positive gains.

e) If Pj <doEj, seti = 0 and go to step k); otherwise proceed to step f).
f) If Pj<diEj, seti = 1 and go to step k); otherwise proceed to step g).
g) If Pj <doEj, seti = 2 and go to step k); otherwise 5et3 and go to step k).
h) If Pj >d4Ej, seti = 4 and go to step k), otherwise proceed to step i).
i) If Pj>dsEj, seti =5 and go to step k); otherwise proceed to step j).

j) If Pj >deEj, seti = 6; otherwise sét=7.
k) Computelli\) = -biP; + GEj.

N N N N
|) If D< Dmin, then SeDmm = D, |m|n = i, andjmm :j.
m) If j <127, sef =j + 1 and go to step c); otherwise proceed to step n).
n) When the algorithm proceeds to here,18lP4 possible combinations of gains astthpes have been
searchedhrough. The resultingmin, andjmin are the desired channel indices for the gaid the shape,

respectively. The output best codebook index (10-bit) is the concatenation of these two indices, and the
corresponding best excitation codevectory(s) = gi . Vi, 1he selected 10-bit codebook index is

transmitted through the communication channel to the decoder.
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3.10 Simulated decoder

Although the encoder has identified and transmitted the best codebook index so far, some additional tasks have
to be performed in preparation for the encoding of the following speech vectors. First, the best codebook index is fed to
the excitation VQ codebook to extract the corresponding best codeyégter g;  vj...- This best codevector is then
scaled by the current excitation gaifn) in the gain stag@l. The resulting gain-ated excitation vector ig(n) =

a(n)y(n).

This vectore(n) is then passed through the synthesis filter 22 to obtain the current quantized speech vector
$q(n). Note that blocks 19 through 23 form a simulated decodeleBce, the quantized speech vedgn) is actually
the simulated decoded speech vector when there are no channel errors. 12/8dgi28, the backward synthesis filter
adapter 23 needs this quantized speech vegtoy to update the synthesis filter coefficients. Similarly, the backward
vector gain adapter 20 needs the gain-scaled excitation wojoto update the coefficients of the log-gain linear
predictor.

One last task before proceeding to encode the next speech vector is to update the memory of the synthesis filter
9 and the perceptual weighting filtéd. Toaccomplish this, we first save the memory of filters 9 and 10 whashleft
over after performing the zero-input response computation describe8.f ®e therset the memory of filters 9 and
10 to zero and close the switch 5, i.e. connect it to node 7. Then, the gain-scaled excitatia@inyéstpassed through
the two zero-memory filters 9 ardd). Note thasincee(n) is only five samleslong and thdilters have zero memory,
the number of multiply-adds only goes up from 0 to 4 for fike-sample period. This is a significant saving in
computation since there would be 70 multiply-adds per sample if the filter memeogynot zero. Next, we add the
saved original filter memory back to the newly established filter memory after filnihgrhis in effect adds the zero-
input responses to tteero-state responses of the filters 9 &Ad Thisresults in the desired set of filter memory which
will be used to compute the zero-input response during the encoding of the next speech vector.

Note that after the filter memory update, tiog five elements of the memory of the synthesis filter 9 are
exactly thesame ashe components of the desired quantized speech v&¢r Therefore, we can actually omit the
synthesis filter 22 and obtagg(n) from the updated memory of the synthesis filter 9. This means an additional saving of
50 multiply-adds per sample.

The encoder operation described so far specifies the way to encode angingtpeech vector. The encoding
of the entire speech waveform is achieved by repeating the above operation for every speech vector.

3.11 Synchronization and in-band signalling

In the above description of the encoder, it is assumed that the decoder knows the boundaries of the received
10-bit codebook indices and also knows when the synthesis filter and the log-gain predictor need to béreqalhted
that they are updated once evéoyr vectors). In practice, such synchronization information can be made available to
the decoder by adding extra synchronization bitsamof the transmitted 16 kbit/s bétream. However, in many
applications there is a need to insert synchronization or in-band signalling bits as part of the 16 khigarbitThis
can be done in the following way. Suppose a synchronization bit is to be inserted onde gveegh vectors; then, for
every N-th input speech vector, we caparchthrough only half of the shape codebook and produce a $hbpe
codebook index. In this way, we rob one bit out of ewith transmitted codebook index and insert a synchronization
or signalling bit instead.

It is important to note that we cannot arbitrarily rob one bit out of an alrselégted 7-bit shape codebook
index, instead, the encoder has to know which speech vectors will be robbed one bit aeartighrough only half
of the codebook for those speech vectors. Otherwise, the decodeotwitive thesamedecoded excitation codevectors
for those speech vectors.
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Since the coding algorithm has a basic adaptation cycle of four vectors, it is reasonali\elie &multiple
of 4 so that the decoder can easily determine the boundaries of the encoder adaptation cycles. For a reasonable value of
N (such as 16, which corresponds to a 10 milliseconds bit robbing period), the resulting degradation in speech quality is
essentially negligible. In particular, we haleeind that a value dfl = 16 results in little additional distortion. Thate
of this bit robbing is only 100 bits/s.

If the above procedure is followed, we recommend that when the desired bit is to d@yatBe first half of
the shape codebook be searched, i.e. those vectors with indic68.0kben thalesired bit is a 1, then the second half
of the codebook is searched and the resulting index will be between 82anthesignificance of this choice is that
the desired bit will be the leftmost bit in the codeword, since seven bits for the shape codevector precede the three bits
for the sign and gain codebook. We further recommend that the synchronization bit be robbed from the last vector in a
cycle of four vectors. Once it is detected, the next codeword received can begin the new cycle of codevectors.

Although we state that synchronizatioauses very little distortion, we note that no formal testing has been
done on hardware which contained this synchronization strategy. Consequently, the amount of the degradation has not
been measured.

However, we specifically recommend against using the synchronization bit for synchronization in systems in
which the coder is turned on and off repeatedly. For example, a system might use a speech activity detector to turn off
the coder when no speech were present. Each time the encoder wastyrittesl decoder would need to dbe the
synchronization sequence. A00 bit/s, this would probabliake several hundred milliseconds. In addition, time must
be allowed for the decoder state to track the encoder state. The combined result would be a phkeoemexsafront-
end clipping in which the beginning of the speech utterance would be lost. If the encoder andatebodestarted at
the sameinstant as the onset of speech, then no speech will be lost. Tdnidyipossible insystems using external
signalling for the start-up times and external synchronization.

4 LD-CELP decoder principles

Figure 3/G.728 is a blockchematic of the LD-CELP decoder. A functional description of each blagkes
in the following sections.

4.1 Excitation VQ codebook

This block contains an excitation VQ codebook (including shape and gain codebooks) identical to the
codebook 19 in the LD-CELP encoder. It uses the received best codebook index to extract the best cy@vector
selected in the LD-CELP encoder.

4.2 Gain scaling unit

This block computes the scaled excitation veefoy by multiplying each component gfn) by the gains(n).

4.3 Synthesis filter

This filter has thesame transfefunction as the synthesis filter in the LD-CELP encoder (assuming error-free
transmission). It filters the scaled excitation veefa) to produce the decoded speech vesifr). Note that in order to
avoid any possible accumulation of round-off errors during decodmetimes it is desirable to exactly duplicate the
procedures used in the encoder to obgg(n). If this is the caseand if the encoder obtairsg(n) from the updated
memory of the synthesis filter 9, then the decoder should also cosgfnjtas the sum of the zero-input response and
the zero-state response of the synthesis filter 32, as is done in the encoder.

4.4 Backward vector gain adapter

The function of this block is described in § 3.8.
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45 Backward synthesis filter adapter

The function of this block is described in § 3.7.

4.6 Postfilter

This block filters the decoded speech to enhance the perceptual quality. This block is further expanded in
Figure 7/G.728 to show more detaiRefer to Figure7/G.728. The postfilter basically consists of three major parts:
long-term postfilter 71, short-term postfilter 72, and output gain scaling unit 77. The other four blocks in Figure 7/G.728
are just to calculate the appropriate scaling factor for use in the output gain scaling unit 77.

£ 34
‘ 73 75 ‘
| illjjgcl)lﬁie value Scaling factor ‘
| calculator calculator ‘
‘ 74 y ~ 76 ‘
‘ Sum of . \
First-order
absolute value :
‘ calculator lowpass filter | |
| 1 |
Decoded | n 72 77 | Postfiltered
speech | »  Long-term Short-term y| Output gain speech >
! postfilter postfilter scaling unit
e ] T1506810-92
Long-term Short-term
postfilter update postfilter update
information information

From postfilter adapter (block 35)

FIGURE 7/G.728

Postfilter block schematic

The long-term postfilter71, sometimes called thpitch postfilter is a comb filter with its spectral peaks
located at multiples of the fundamental frequencypfteh frequencyof the speech to be postfiltered. The reciprocal of
the fundamental frequency is called thitch period Thepitch periodcan be extracted from the decoded speech using a
pitch detector (or pitch extractor). Lptbe the fundamental pitch period (in samples) obtained by a pitch detector, then
the transfer function of the long-term postfilter can be expressed as

H®@ =9@ + bzp) (4-1)

where the coefficientg, b and the pitch periogd are updated once evefgur speech vectors (an adaptation cycle) and
the actual updates occur at the third speech vector of each adaptation cycle. For convenience, we will, drorcatiow
an adaptation cyclefeame The derivation 0§, b, andp will be described later in § 4.7.
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The short-term postfilter 72 consists of a 10th-order pole-zero filisasoade with a first-order all-zero filter.
The 10th-order pole-zero filter attenuates the frequency components between formant peaks, while the first-order all-
zero filter attempts to compensate for the spectral tilt in the frequency response of the 10th-order pole-zero filter.

Letd, i =1, 2, ..., 10 be the coefficients of the 10th-order LPC predictor obtained by backward LPC analysis
of the decoded speech, andkebe the first reflection coefficient obtained by g#@meLPC analysis. Then, bo#h and
ki can be obtained as by-products of the 50th-order backward LPC analysis (block 50 in Figure 5/G.728). All we have to
do is to stop the 50th-order Levinson-Durbin recursion at order 10, lgoppd &1, &, ..., 810, and then resume the
Levinson-Durbin recursion from order 11 to order 50. The transfer function of the short-term postfilter is

10 _
1- z b zi
-l
Hs( = — o [1 + uz] (4-2)
1-) azi
i=1
where
bi = 3 (0.65);i = 1,2, ..., 10 (4-3)
a =3 (0.75);i = 1,2,...,10 (4-4)
and
1= (0.15)k; (4-5)

The coefficients; bi andp are also updated once a frame, but the updates take place at the first vector of each
frame (i.e. as soon @ becomes available).

In general, after the decoded speech is passed through the long-term postfilter and the short-term postfilter, the
filtered speech wilhot have thesame power level abe decoded (unfiltered) speech. To avoid occasional large gain
excursions, it is necessary to use automatic gain control to force the postfiltered speechrdadtdyehesame power
as the unfiltered speech. This is done by blocks 73 through 77.

The sum of absolute value calculator 73 operates vector-by-vector. It takes the current decoded speech vector
sd(n) and calculates the sum of the absolute values of its five vector components. Similarly, the sum of absolute value
calculator 74 performs theametype of calculation, but on the current output vest@n) of the short-term postfilter.

The scaling factor calculator 75 then divides the output value of block 73 by the output value of block 74 to obtain a
scaling factor for the curreist (n) vector. This scaling factor is then filtered by a first-order lowpass filter 76 to get a
separate scaling factor for each of the five componerggmf The first-order lowpass filter 76 has a transfer function

of 0.01/(1 — 0.98-1). The lowpass filtered scaling factor is used by the output gain scaling unit 77 to psafopte-
by-sample scaling of the short-term postfilter output. Note that since the scaling factor calculibr génerates one
scaling factor per vector, it would havestaircase effect on the sample-by-sample scaling operatibloak 77 if the
lowpass filter 76 were not present. The lowpass filter 76 effectively smooths out such a staircase effect.

4.6.1 Non-speech operation

CCITT objective test results indicate that for some non-speech signals, the performance of the coder is
improved when the adaptive postfilter is turned off. Since the input to the adaptive postfilter is the output of the
synthesis filter, this signal is always available. In an actual implementation this unfiltered signal shall be output when the
switch is set to disable the postfilter.
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4.7 Postfilter adapter

This block calculates and updates the coefficients of the postfilter once a frame. This postfilter adapter is
further expanded in Figure 8/G.728.

To long-term postfilter To short-term postfilter
A A
35
- S L
|
‘ 84
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postfilter |
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calculator
|
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| Pitch
‘ predictor ‘
tap |
\ 83 85
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| tap calculator period coefficient
| calculator |
y 4 ‘
‘ 81 82
Decoded | ‘
speech 10th-order Pitch period ‘
1 » LPCinverse p{ extraction
| filter module \
| i |
| \

ﬂ‘» T1506820-92

10th-order LPC First
predictor reflection
coefficients coefficient

FIGURE 8/G.728

Postfilter adapter block schematic

Refer to Figure 8/G.728. The 10th-order LPC inverse filter 81 and the pitch period extraction module 82 work
together to extract the pitch period from the decoded speech. In fact, any pitch extractor with reasonable performance
(and without introducing additional delay) may be used here. What we described bahg @e possible way of
implementing a pitch extractor.

The 10th-order LPC inverse filter 81 has a transfer function of

10
A2 =1 - z 3z (4-6)
i=1

where the coefficient§; are supplied by the Levinson-Durbin recursion module (block 50 of Fi8e/28) and are
updated at the first vector of each frame. This LPC inverse filter takes the decoded spednpdsaitsl produces the
LPC prediction residual sequenad(K)} as its output. We use a pitch analysis windgime 0f100 sarples and a range
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of pitch period from 20 td40 samples. The pitch period extraction module 82 maintailesi@ buffer to hold théast
240 samples of the LPC prediction residual. For indexing convenience24BeLPCresidual samples stored in the
buffer are indexed a¥(—139),d(-138), ...,d(100).

The pitch period extraction module 82 extracts the pitch period once a frame, and the pitch period is extracted
at the third vector of each frame. Therefore, the LPC inversediltput vectors should be stored into the LPC residual
buffer in a special order: the LPC residual vector corresponding to the fourth vector of fhemasis stored agd(81),

d(82), ...,d(85), the LPC residual of the first vector of the currfeaine is stored ag(86), d(87), ...,d(90), the LPC
residual of the second vector of the current frame is stord(®a$, d(92), ...,d(95), and the LPC residual of the third
vector is stored ad(96), d(97), ...,d(100). The sampled(—139), d(-138), ...,d(80) are simply the previous LPC
residual samples arranged in the correct time order.

Once the LPC residual buffer is ready, the pitch period extraction module 82 works in the following way.
First, the last 20 samples of the LPC residual buffe81]) throughd(100)] are lowpass filtered at 1 kHz by a third-order
elliptic filter (coefficients given in Annex D) and then 4:1 decimated (i.e. down-sampled by a factor of 4). This results in
five lowpass filtered and decimated LPC residual samples, ded@&} d(22), ...,d(25), whichare stored as the last
five samples in a decimated LPC residual buffer. Besides these five samples, the other 55 @(amp)es
d(-33), ...,d(20) in the decimated LPC residual buffere obtained by shifting previodsames of decimated LPC
residual samples. Theth correlation of the decimated LPC residual samples are then computed as

25

p() = > dn)d(n-i) (4-7)

n=1

for time lags = 5, 6, 7, ..., 35 (which correspond to pitch periods from 2D4tbsamples). The time lagwhich gives

the largest of the 31 calculated correlation values is then identified. Since this timis lgag lag in the 4:8lecimated

residual domain, the corresponding time lag which gives the maximum correlation in the original undecimated residual
domain should lie betweerm43 and 4+3. To get the original time resolution, we next use the undecimated LPC
residual buffer to compute the correlation of the undecimated LPC residual

100
Cl) = 3 dK dk-i) (4-8)
k=1

for seven lags = 4t-3, 4-2, ..., 4+3. Out of the seven time lags, the lpgthat gives the largest correlation is
identified.

The time lagpg found this waymay turnout to be a multiple of the true fundamental pitch period. What we
need in the long-term postfilter is the true fundamental pitch period, not any multiple of it. Therefore, we need to do
more processing to find the fundamental pitch period. We make use of the fact #sttmate the pitch period quite
frequency — once every 20 speech samples. Since the pitch period typically varies betweerl2D angles, our
frequent pitch estimation means that, atlteginning of each talk spurt, we will first get the fundamental pitch period
before the multiple pitch periods have a chance to show up in the correlation peak-picking process described above.
From thereon, we will have achance to lock on to the fundamental pitch period by checkirgpeoif there is any
correlation peak in the neighbourhood of the pitch period of the previous frame.

Let p be the pitch period of the previous frame. If the timepggbtained above is not in the neighbourhood
of 6 then we also evaluate equation (4-8) if@rﬁ—G, 6—5, ...,6+5, 6+6. Out of these 13 possible time lags, tinge
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lag p1 that gives the largest correlation is identified. We then teseedfthis new lagp; should be used as the output
pitch period of the current frame. First, we compute

100
2 d(k) d(k—po)
Bo = 102:1 (4-9)
> d(k—po) d(k —po)
k=1

which is the optimal tap weight of a single-tap pitch predictor with a lgg sdmples. The value @ is then clamped
between 0 and 1. Next, we also compute

100
> d(k) d(k—py)
BL = o (4-10)
S d(k—py) dtk—py)
k=1

which is the optimal tap weight of a single-tap pitch predictor with a lgg smples. The value ¢ is then also
clamped between 0 and 1. Then, the output pitch perafclock 82 is given by

Cpo if PB1 < 0.4Bp
p="0U

1 if B1 > 0.4p0 @10

After the pitch period extraction module 82 extracts the pitch pgridde pitch predictor tap calculator 83
then calculates the optimal tap weight of a single-tap pitch predictor for the decoded speech. The pitch predictor tap
calculator 83 and the long-term postfilter 71 sharera buffer of decodedpeech samples. This buffer contains
decoded speech sampleg—239), s4(—238), s4(—237), ...,sd(4), sd(5), wheresy(1) throughsy(5) correspond to the
current vector of decoded speech. The long-term postfilter 71 uses this buffer as the delay unit of the filter. On the other
hand, the pitch predictor tap calculator 83 uses this buffer to calculate

0
> sd(K) sa(k—p)
B=— (4-12)

> sd(k—p) sa(k—p)
k=—-99

The long-term postfilter coefficient calculator 84 then takes the pitch pe@od the pitch predictor tgpand
calculates the long-term postfilter coefficiehtandg, as follows

B if B<0.6

b=[0158 if 06<B=<1 (4-13)
[015 if p>1
_ 1
91+
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In general, the closd} is to unity, the more periodic the speech waveform is. As can be seen in equations
(4-13) and (4-14), i < 0.6, which roughly corresponds to unvoiced or transition regions of speechy thénand
g = 1, and the long-term postfilter transfer function becol& = 1, which means the filtering operation of tbag-
term postfilter is totally disabled. On the otlrand, if 0.6< < 1, the long-term postfilter is turned on, and degree
of comb filtering is determined bf. The more periodic the speech waveform, the more comb filtering is performed.
Finally, if B > 1, thenb is limited to 0.15; this is to avoid too much comb filtering. Ebefficientg is a scaling factor
of the long-term postfilter to ensure that the voiced regions of speech wavefomw det amplifiedrelative to the
unvoiced or transition regions. (i were held constant amity, thenafter the long-term postfiltering, the voiced
regions would be amplified by a factor of lfoughly. This wouldmake some consonants, which correspond to
unvoiced and transition regions, sound unclear or too soft.)

The short-term postfilter coefficient calculator 85 calculates the short-term postfilter coefﬁm.i&}taﬁdu at
the first vector of each frame according to equations (4-3), (4-4), and (4-5).

4.8 Output PCM format conversion

This block converts the five components of the decoded speech vector into five correspelasingy pi-law
PCM samples andutput these five PCM saies sequentially at25 ps time intervals. Note that if the internal linear
PCM format has been scaled as described3riLg, the inverse scaling must be performed before conversivtaio
or py-law PCM.

5 Computational details

This section provides the computational details for each of the LD-CELP encoder and decoder elements.
Subsections 5.1 and 5.2 list themes of coder parameters and internal processing variables which will be referred to in
later sections. The detailed specification of each block in Figure 2/@¥@8gh Figure 6/G.728 is given in § 5.3
through the end of 8 5. To encode and decode an input speech vector, the various blocks of the encoder and the decoder
are executed in an order which roughly follows the sequence from § 5.3 to the end.

5.1 Description of basic coder parameters

The names of the basic coder parameters are defined in T/&l&28. In Table 1/G.728, the first column
gives the names of coder parameters which will be used in later detailed description of the LD-CELP algorithm. If a
parameter has been referred to in 8 3 dutiwas represented by a different symbol, that equivalent symbol will be
given in the second column for easy reference. Each coder parameter has a fixed value which is determined in the coder
design stage. The third column shows these fixed parameter values, and the fourth column is a brief description of the
coder parameters.

5.2 Description of internal variables

The internal processing variables of LD-CELP are listed in T2#6%e728, which has a layout similar to Table
1/G.728. The second column shows the range of index in each variable array. The fourth column gives the
recommended initial values of the variables. The initial values of some arrag&/anein Annexes A, B or C. It is
recommended (although not required) that the internal variables be set to their initial values when the encoder or decoder
just starts running, or whenevereset of coder states is needed (such as in DCME applications). These initial values
ensure that there will be no glitches right after start-up or resets.

Note that some variable arrays can shareséimee physical memory locations to save memory spdtteugh
they are given different names in the tables to enhance clarity.
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TABLE 1/G.728

Basic coder parameters of LD-CELP

Name | Eauvalent e Description
symbol

AGCFAC 0.99 AGC adaptation speed controlling factor
FAC A 253/256 | Bandwidth expansion factor of synthesis filter
FACGP Ag 29/32 Bandwidth expansion factor of log-gain predictor
DIMINV 0.2 Reciprocal of vector dimension
IDIM 5 Vector dimension (excitation block size)
GOFF 32 Log-gain offset value
KPDELTA 6 Allowed deviation from previous pitch period
KPMIN 20 Minimum pitch period (samples)
KPMAX 140 Maximum pitch period (samples)
LPC 50 Synthesis filter order
LPCLG 10 Log-gain predictor order
LPCW 10 Perceptual weighting filter order
NCWD 128 Shape codebook size (number of codevectors)
NFRSZ 20 Frame size (adaptation cycle size in samples)
NG 8 Gain codebook size (number of gain levels)
NONR 35 Number of non-recursive window samples for synthesis filter
NONRLG 20 Number of non-recursive window samples for log-gain predic
NONRW 30 Number of non-recursive window samples for weighting filter
NPWSZ 100 Pitch analysis window size (samples)
NUPDATE 4 Predictor update period (in terms of vectors)
PPFTH 0.6 Tap threshold for turning off pitch postfilter
PPFZCF 0.15 Pitch postfilter zero controlling factor
SPFPCF 0.75 Short-term postfilter pole controlling factor
SPFZCF 0.65 Short-term postfilter zero controlling factor
TAPTH 0.4 Tap threshold for fundamental pitch replacement
TILTF 0.15 Spectral tilt compensation controlling factor
WNCF 257/256 | White noise correction factor
WPCF Y2 0.6 Pole controlling factor of perceptual weighting filter
WZCF \a 0.9 Zero controlling factor of perceptual weighting filter

As mentioned in earlier sections, the processing sequence has a basic adaptation cycle of four speech vectors.
The variable ICOUNT is used as the vector index. In other words, ICOUNMTWhen the encoder or decoder is

processing the-th speech vector in an adaptation cycle.

It should be noted that, for the convenience of Levinson-Durbin recursion, thelé&nsént of A, ATMP,
AWP, AWZ, and GP arrayare always land never get changed, and, far 2, thei-th elementsare the i(— 1)-th

elements of the corresponding symbols in § 3.

In the following sections, the asterisk (*) denotes arithmetic multiplication.
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TABLE 2/G.728

LD-CELP internal processing variables

Name Arrra;/nign:ex Eg;::::;l:lnt Initial value Description

A 1to LPG+1 —aj_1 1,0,0,... Synthesis filter coefficients

AL 1to3 Annex D 1 kHz lowpass filter denominator
coefficients

AP lto 11l —aj_1 1,0,0,... Short-term postfilter denominator
coefficients

APF lto1l _5!_1 1,0,0,... 10th-order LPC filter coefficients

ATMP 1to LPCr1 —-3-1 Temporary buffer for synthesis filter
coefficients

AWP 1to LPCW1 1,0,0,... Perceptual weighting filter denominator
coefficients

AWZ 1to LPCW+1 1,0,0,... Perceptual weighting filter numerator
coefficients

AWZTMP 1toLPCW+1 1,0,0,... Temporary buffer for weighting filter
coefficients

AZ 1to 11 'b_i—l 1,0,0,... Short-term postfilter numerator coefficient

B 1 b 0 Long-term postfilter coefficients

BL lto4 Annex D 1 kHz lowpass filter numerator coefficient

DEC —34t0 25 d(n) 0,0,...,0 4:1 decimated LPC prediction residual

D —139 to 100 d(k) 0,0,...,0 LPC prediction residual

ET 1to IDIM e(n) 0,0,...,0 Gain-scaled excitation vector

FACV 1to LPCG+1 A-1 Annex C Synthesis filter BW broadening vector

FACGPV 1 toLPCLG+1 Agt Annex C Gain predictor BW broadening vector

G2 1to NG b; Annex B Two times gain levels in gain codebook

GAIN 1 a(n) Excitation gain

GB 1to NG-1 di Annex B Mid-point between adjacent gain levels

GL 1 o 1 Long-term postfilter scaling factor

GP 1to LPCLG1 —Qj_1 1,-1,0,0,... Log-gain linear predictor coefficients

GPTMP 1toLPCLG+1 —j_1 Temporary array for log-gain linear predict|
coefficients

GQ 1to NG Oi Annex B Gain levels in the gain codebook

GSQ 1to NG Gi Annex B Squares of gain levels in gain codebook

5

or
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TABLE 2/G.728 ¢ont)

)

Name Arr?aynigedex Eg;xgﬁm Initial value Description

GSTATE 1 toLPCLG o(n) -32,-32,...,-320 Memory of the log-gain linear predictor

GTMP lto4 —32,-32,-32,-32 Temporary log-gain buffer

H 1to IDIM h(n) 1,0,0,0,0 Impulse response vecto¢£)\W(2)

ICHAN 1 Best codebook index to be transmitted

ICOUNT 1 Speech vector counter (indexed from 1 to

IG 1 i Best 3-bit gain codebook index

IP 1 IPINITb) Address pointer to LPC prediction residual

IS 1 j Best 7-bit shape codebook index

KP 1 p Pitch period of the current frame

KP1 1 IF\) 50 Pitch period of the previous frame

PN 1to IDIM p(n) Correlation vector for codebook search

PTAP 1 B Pitch predictor tap computed by block 83

R 1to NRrla) Autocorrelation coefficients

RC 1to NRe) Reflection coefficients, also as a scratch
array

RCTMP 1toLPC Temporary buffer for reflection coefficients

REXP 1to LPG1 0,0,...,0 Recursive part of autocorrelation,
synthesis filter

REXPLG 1 toLPCLG+1 0,0,...,0 Recursive part of autocorrelation, log-gain
predictor

REXPW 1 toLPCW+1 0,0,...,0 Recursive part of autocorrelation,
weighting filter

RTMP 1toLPG1 Temporary buffer for autocorrelation
coefficients

S 1to IDIM s(n) 0,0,...,0 Uniform PCM input speech vector

SB 1to 105 0,0,...,0 Buffer for previously quantized speech

SBLG 1to 34 0,0,...,0 Buffer for previous log-gain

SBW 1to 60 0,0,...,0 Buffer for previous input speech

SCALE 1 Unfiltered postfilter scaling factor
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TABLE 2/G.728 Cont)

Name Arr?aynigedex Eg;xglcint Initial value Description

SCALEFIL 1 1 Lowpass filtered postfilter scaling factor

SD 1to IDIM sa(K) Decoded speech buffer

SPF 1to IDIM Postfiltered speech vector

SPFPCFV lto11 SPFPCR-1 Annex C Short-term postfilter pole controlling vecto

SPFZCFV ltol1l SPFZCE-1 Annex C Short-term postfilter zero controlling vecto

SO 1 So(K) A-law or p-law PCM input speech sample

SuU 1 su(K) Uniform PCM input speech sample

ST —239 to IDIM Sq(n) 0,0,...,0 Quantized speech vector

STATELPC ltoLPC 0,0,...,0 Synthesis filter memory

STLPCI 1to 10 0,0,...,0 LPC inverse filter memory

STLPF 1to3 0,0,0 1 kHz lowpass filter memory

STMP 1to 4IDIM 0,0,...,0 Buffer for perceptually weighted filter
hybrid window

STPFFIR 1to 10 0,0,...,0 Short-term postfilter memory, all-zero
section

STPFIIR 10 0,0,...,0 Short-term postfilter memory, all-pole
section

SUMFIL 1 Sum of absolute value of postfiltered spee

SUMUNFIL 1 Sum of absolute value of decoded speech

SW 1to IDIM v(n) Perceptually weighted speech vector

TARGET 1 toIDIM Q(n); x(n) VQ target vector (gain-normalized)

TEMP 1 toIDIM Scratch array for temporary working space

TILTZ 1 1} 0 Short-term postfilter tilt-compensation
coefficients

WFIR 1to LPCW 0,0,...,0 Memory of weighting filter 4, all-zero
portion

WIIR 1to LPCW 0,0,...,0 Memory of weighting filter 4, all-pole
portion

WNR 1to 105 Win(K) Annex A Window function for synthesis filter

WNRLG 1to 34 Wmn(K) Annex A Window function for log-gain predictor

WNRW 1to 60 Wirn(K) Annex A Window function for weighting filter

r

ch
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TABLE G-728 tont)

Name Array index Equivalent Initial value Description
range symbol
WPCFV 1 toLPCW+1 yifl Annex C Perceptual weighting filter pole controlling
2 vector
WS 1to 105 Work space array for intermediate variables
WZCFV 1 toLPCWA+1 yi—l Annex C Perceptual weighting filter zero controlling
1 vector
Y 1lto Yi Annex B Shape codebook array
IDIM«NCWD
Y2 1to NCWD 5] Energy ofy; Energy of convolved shape codevector
YN 1to IDIM y(n) Quantized excitation vector
ZIRWFIR 1to LPCW 0,0,...,0 Memory of weighting filter 10, all-zero
portion
ZIRWIIR 1to LPCW 0,0,...,0 Memory of weighting filter 10, all-pole
portion

a)  NR=Max(LPCW,LPCLGyIDIM.
b)  IPINIT = NPWSZ-NFRSZIDIM.
Note— The asterisk«) denotes arithmetic multiplication.

5.3 Input PCM format conversion (block 1)

Input: SO

Output: SuU

Function: Convert A-law op-law or 16-bit linear input sample to uniform PCM sample.

Since the operation of this block is completely defined in Recommendations G.721 or G.711, werefleabtt here.
However, some scaling may be necessary to conform to this description’s specification of an input rdng@98f to
+4 095 (see § 3.1.1).

5.4 Vector buffer (block 2)

Input: SuU
Output: S
Function: Buffer five consecutive uniform PCM speech samples to form a single 5-dimensional speech vector.

Recommendation G.728 29



5.5 Adapter for perceptual weighting filter (block 3, Figure 4a)/G.728)

The three blocks (36, 37 and 38) in Figure 4a)/G.728 are now specified in detail below.

HYBRID WINDOWING MODULE (block 36)

Input: STMP
Output: R
Function: Apply the hybrid window to input speech and compute autocorrelation coefficients.

The operation of this module is now described below, using a “Fortrandtite, with loop boundaries indicated by
indentation and comments on the right-hand sidg’ofThe following algorithm is to be used once every adaptation
cycle (20 samples). The STMP array holds 4-consecutipeit speech vectors up to the second speech vector of the
current adaptation cycle. That is, STMP(1) through STMP(5) is the third input speech vector of the previous adaptation
cycle (zero initially), STMP(63hrough STMP(10) is the fourth input speech vector of the previous adaptgtien

(zero initially), STMP(11) through STMP(15) is the first input speech vector of the current adaptation cycle, and
STMP(16) through STMP(20) is the second input speech vector of the current adaptation cycle.

N1 = LPCW + NFRSZ | Compute some constants (can be

N2 = LPCW + NONRW | precomputed and stored in memory)
N3 = LPCW + NFRSZ + NONRW

For N=1,2,..,N2, do the next line

SBW(N) = SBW(N + NFRSZ) | Shift the old signal buffer
For N=1,2,..,NFRSZ, do the next line | Shift in the new signal
SBW(N2 + N) = STMP(N) | SBW(N3) is the newest sample
K=1
For N=N3,N3—1,..,3,2,1, do the next two lines
\IiVS(E‘) =lSBW(N) * WNRW(K) | Multiply the window function
= +

For 1=1,2,..,LPCW + 1, do the next four lines
TMP =0
For N =LPCW + 1,LPCW 2,..,N1, do the next line
TMP =TMP + WS(N) *WS(N + 1 —1)
REXPW(l) =(1/2) * REXPW(l) + TMP | Update the recursive component

For 1=1,2,..,LPCW + 1, do the next three lines
R(I) = REXPW(I)
For N=N1+ 1,N1 + 2,..,N3, do the next line
R(l) = R(l) + WS(N) *WS(N + 1 —1) | Add the non-recursive component

R(1) = R(1) *WNCF | White noise correction
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LEVINSON-DURBIN RECURSION MODULE (block 37)

Input: R (output of block 36)
Output: AWZTMP
Function:

Convert autocorrelation coefficients to linear predictor coefficients.

This block is executed once every 4-vector adaptation cycle. It is d0@OENT = 3 after the processing of block 36
has finished. Since the Levinson-Durbin recursion is well-known prior art, the algorithm is given below without
explanation.

If R(LPCW + 1) = 0, go to LABEL

IfR(1) < 0, go to LABEL

RC(1) = R(2)/R(1)
AWZTMP(1) = 1
AWZTMP(2) = RC(1)

ALPHA = R(1) + R(2) * RC(1)
If ALPHA <0, go to LABEL

For

MINC =2,3,4,..,LPCW, do the following:
SUM =0
For IP =1,2,3,..,MINC, do the next two lines
N1=MINC —IP + 2
SUM = SUM + R(N1) * AWZTMP(IP)

RC(MINC) = —SUM/ALPHA

MH = MINC/2 + 1

For IP =2,3,4,..,MH, do the next four lines
IB=MINC —IP +2
AT = AWZTMP(IP) + RC(MINC) * AWZTMP(IB)
AWZTMP(IB) = AWZTMP(IB) + RC(MINC) AWZTMP(IP)
AWZTMP(IP) = AT

AWZTMP(MINC + 1) = RC(MINC)
ALPHA = ALPHA + RC(MINC) * SUM
If Alpha<0, go to LABEL

Repeat the above for the next MINC

Exit this program

LABEL:

| Skip if zero

| Skip if zero signal

| First-order predictor

|
| Abort if ill-conditioned

| Reflection coefficients

| Predictor coefficients

| Prediction residual energy
| Abort if ill-conditioned

| Program terminates normally if
| execution proceeds to here

If program proceeds to here, ill-conditioning had happened, then, skip block 38, do not update the weighting filter

coefficients. (That is, use the weighting filter coefficients of the previous adaptation cycle.)

Recommendation G.728 31



WEIGHTING FILTER COEFFICIENT CALCULATOR (block 38)

Input: AWZTMP

Outputs: AWZ, AWP

Function: Calculate the perceptual weighting filter coefficients from the linear predictor coefficientgdibr
speech.

This block is executed once every adaptation cycle. It is doi@QIUNT = 3 after the processing of block 37 has
finished.

For 1=2,3,..,LPCW + 1, do the next line |
AWP(I) = WPCFV(l) * AWZTMP(I) | Denominator coefficients

For 1=2,3,..,.LPCW + 1, do the next line |
AWZ(I) = WZCFV(l) * AWZTMP(I) | Numerator coefficients
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5.6 Backward synthesis filter adapter (block 23, Figure 5/G.728)

The three blocks (49, 50 and 51) in Figure 5/G.728 are specified below.

HYBRID WINDOWING MODULE (block 49)

Input: STTMP
Output: RTMP
Function: Apply the hybrid window to quantized speech and compute autocorrelation coefficients.

The operation of this block is essentially $ame as irblock 36,except for some substitutions of parameters and
variables, and for the sampling instant when the autocorrelation coeffieientsbtained. As described in § 3, the
autocorrelation coefficients are computed based on the quantized speech vectors up to the last vector in the previous
4-vector adaptation cycle. In other words, the autocorrelation coefficients used in the current adaptation cycle are based
on the information contained in the quantized speech up to the last (20-th) sample of the previous adaptation cycle.
(This is in fact how we define the adaptation cycle.) The STTMP array contains the four quantized speech vectors of
the previous adaptation cycle.

N1 =LPC + NFRSZ | Compute some constants (can be

N2 = LPC + NONR | precomputed and stored in memory)
N3 =LPC + NFRSZ + NONR

For N=1,2,..,N2, do the next line

SB(N) = SB(N + NFRSZ) | Shift the old signal buffer
For N=1,2,..,NFRSZ, do the next line
SB(N2 + N) = STTMP(N) | Shift in the new signal

| SB(N3) is the newest sample

K=1

For N=N3,N3—1,..,3,2,1, do the next two lines
WS(N) = SB(N) * WNR(K) | Multiply the window function
K=K+1

For 1=1,2,..,LPC + 1, do the next four lines
TMP =0
For N=LPC + 1,LPC 2,..,,N1, do the next line
TMP = TMP + WS(N) * WS(N + 1 — 1)
REXP(I) =(3/4) * REXP(l) + TMP | Update the recursive component

For 1=1,2,..LPC + 1, do the next three lines
RTMP(I) = REXP(l)
For N=N1+ 1,N1 + 2,..,N3, do the next line
RTMP(I) = RTMP(l) + WS(N) *WS(N + 1 —1)
| Add the non-recursive component

RTMP(1) = RTMP(1) * WNCF | White noise correction
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LEVINSON-DURBIN RECURSION MODULE (block 50)

Input: RTMP
Output: ATMP
Function: Convert autocorrelation coefficients to synthesis filter coefficients.

The operation of this block is exactly tisame as irblock 37, except for some substitutions of parameters and
variables. However, special casbould be taken when implementing this block. As described in § 3, although the
autocorrelation RTMP array is available at the first vector of each adaptation cycle, the actual updates of synthesis filter
coefficients willnot takeplace until the third vector. This intentional delay of updates allowe#i¢ime hardware to

spread the computation of this module over the first three vectors of each adaptation cycle. While this module is being
executed during the first two vectors of each cycle, the old set of synthesis filter coefficients (thAarobydined in

the previous cycle is still being used. This is why we need to keepaaate array ATMP to avoid overwriting the old

“A” array. Similarly, RTMP, RCTMP, ALPHATMP, etc. are usedaimid interference to other Levinson-Durbin

recursion modules (blocks 37 and 44).

If RTMP(LPC + 1) = 0, go to LABEL
If RTMP(1) < 0, go to LABEL

RCTMP(1) = —RTMP(2)/RTMP(1)

ATMP(1) = 1

ATMP(2) = RCTMP(1)

ALPHATMP = RTMP(1) + RTMP(2) * RCTMP(1)
If ALPHATMP < 0, go to LABEL

For MINC =2,3,4,..,LPC, do the following:
SUM =0
For IP =1,2,3,..,MINC, do the next two lines
N1=MINC —IP + 2
SUM = SUM + RTMP(N1) * ATMP(IP)

RCTMP(MINC) = —SUM/ALPHATMP

MH =MINC/2 + 1

For IP = 2,3,4,..,MH, do the next four lines
IB=MINC —IP + 2
AT = ATMP(IP) + RCTMP(MINC) * ATMP(IB)
ATMP(IB) = ATMP(IB) + RCTMP(MINC) * ATMP(IP)
ATMP(IP) = AT

ATMP(MINC + 1) = RCTMP(MINC)
ALPHATMP = ALPHATMP + RCTMP(MINC) * SUM
If ALPHATMP < 0, go to LABEL

Repeat the above for the next MINC

Exit this program

| Skip if zero
|

| Skip if zero signal

| First-order predictor

I
| Abort if ill-conditioned

| Reflection coefficients

| Update predictor coefficients

| Predictor residual energy
| Abort if ill-conditioned

| Recursion completed normally if
| execution proceeds to here

LABEL: If program proceeds to here, ill-conditioning had happened, then, skip block 51, do not update the synthesis filter
coefficients. (That is, use the synthesis filter coefficients of the previous adaptation cycle.)
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BANDWIDTH EXPANSION MODULE (block 51)

Input: ATMP
Output: A
Function: Scale synthesis filter coefficients to expand the bandwidths of spectral peaks.

This block is executed only once every adaptatigele. It is done after the processing of block 50 has finished and
before the execution of blocks 9 and 10 at ICOUNT = 3 take place. When the execution of this module is finished and
ICOUNT = 3, then we copy the ATMP array to the “&'ray to update the filter coefficients.

For 1=2,3,..,LPC + 1, do the next line |

ATMP(Il) = FACV(l) * ATMP(l) | Scale coefficients

Wait until ICOUNT = 3, then |

For 1=2,3,..,LPC + 1, do the next line | Update coefficients at the third
A(l) = ATMP(I) | vector of each cycle

5.7 Backward vector gain adapter (block 20, Figure 6/G.728)

The blocks in Figure 6/G.728e specified belowror implementation efficiency, some blocke described
together as a single block (thaye shown separately in FigueéG.728 just to explain the concept). All blocks in
Figure 6/G.72&re executed once every speech vector, except for M&¢ldt and 45, whichre executednly when
ICOUNT = 2.

1-VECTOR DELAY, RMS CALCULATOR, AND LOGARITHM CALCULATOR
(blocks 67, 39 and 40)

Input: ET

Output: ETRMS

Function: Calculate the dB level of the root-mean square (RMS) value of the previous gain-scaled excitation
vector.

When these three blocks are executed (which is before theo¥€book search), the ET array contains the gain-scaled
excitation vector determined for the previous speech vector. Therefore, the 1-vector delay unit (block 67) is
automatically executed. (It appears in Figure 6/G.728 just to enhance clarity.) Since the logarithm calculator
immediately follows the RMS calculator, the square root operation in the RMS calculator can be implemented as a
“divide-by-two” operation to the output of the logarithm calculaktence, theoutput of the logarithm calculator (the

dB value) is 10 * logo (energy of ET/IDIM). To avoid overflow of logarithm value when ET =0 (after system
initialization or reset), the argument of the logarithm operation is clipped to 1 itdbismall. Also, we note that
ETRMS is usually kept in an accumulator, as it is a temporary value which is immediately processed in block 42.

ETRMS =ET(1) * ET(1) |
For K=2,3,..,IDIM, do the next line | Compute energy of ET
ETRMS = ETRMS +ET(K) * ET(K) |

ETRMS = ETRMS *DIMINV | Divide by IDIM
IfETRMS <1, set ETRMS = 1 | Clip to avoid log overflow
ETRMS =10 * log 0 (ETRMS) | Compute dB value
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LOG-GAIN OFFSET SUBTRACTOR (block 42)

Inputs: ETRMS, GOFF
Output: GSTATE(2)
Function: Subtract the log-gain offset value held in block 41 from the output of block 40 (dB gain level).

GSTATE(1) = ETRMS — GOFF

HYBRID WINDOWING MODULE (block 43)

Input: GTMP

Output: R

Function: Apply the hybrid window to offset-subtracted log-gain sequence and compute autocorrelation
coefficients.

The operation of this block is very similar to bla8&, except for some substitutions of parameters and variables, and
for the sampling instant when the autocorrelation coefficients are obtained.

An important difference between block 36 and this block isahst four (rather than 20) gain sates are fed to this
block each time the block is executed.

The log-gain predictor coefficients are updated at the second vector of each adaptation cycle. The GTMP array below
contains four-offset-removed log-gain values, starting from the log-gain of the second vector of the previous adaptation
cycle to the log-gain of the first vector of the current adaptation cycle, which is GTMP(1). GTMP(4) is the
offset-removed log-gain value from the first vector of the current adaptation cycle, the newest value.

N1 = LPCLG + NUPDATE | Compute some constants (can be
N2 = LPCLG + NONRLG | precomputed and stored in memory)
N3 = LPCLG + NUPDATE + NONRLG
For N =1,2,..,,N2, do the next line | Shift the old signal buffer
SBLG(N) = SBLG(N + NUPDATE)
For N=1,2,..,NUPDATE, do the next line | Shift in the new signal;
SBLG(N2 + N) = GTMP(N) | SBLG(N3) is the newest sample
K=1
For N =N3,N3—1,..,3,2,1, do the next two lines
WS(N) = SBLG(N) * WNRLG(K) | Multiply the window function
K=K+1

For 1=1,2,..,LPCLG + 1, do the next four lines
TMP =0
For N =LPCLG + 1,LPCLG ®,..,N1, do the next line
TMP = TMP + WS(N) * WS(N + 1 — 1)
REXPLG(I) =(3/4) * REXPLG(l) + TMP | Update the recursive component

For 1=1,2,..LPCLG + 1, do the next three lines
R(I) = REXPLG(l)
For N=N1+ 1,N1 + 2,..,N3, do the next line
R(l) = R(l) + WS(N) *WS(N + 1 —1) | Add the non-recursive component

R(1) = R(1) *WNCF | White noise correction
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LEVINSON-DURBIN RECURSION MODULE (block 44)

Input: R (output of block 43)
Output: GPTMP
Function: Convert autocorrelation coefficients to log-gain predictor coefficients.

The operation of this block is exactly tkame as ifblock 37,except for the substitutions of parameters and variables
indicated below: replace LPCW by LPCLG and AWZ by GP. This block is exeoutgdvhenlCOUNT = 2, after

block 43 is executed. Note that as the first step, the value of R(LPCLG + 1) will be checked. If it is zero, we skip
blocks 44 and 45 without updating the log-gain predictor coefficients. (That is, we keep usiolgl tlog-gain

predictor coefficients determined in the previous adaptation cycle.) This special procedure is designed to avoid a very
small glitch that would have otherwise happened right after system initialization or resmtsdthe matrix is
ill-conditioned, we also skip block 45 and use the old values.

BANDWIDTH EXPANSION MODULE (block 45)

Input: GPTMP
Output: GP
Function: Scale log-gain predictor coefficients to expand the bandwidths of spectral peaks.

This block is executed only when ICOUNT = 2, after block 44 is executed.

For 1=2.3,..,LPCLG + 1, do the next line |
GP(l) = FACGPV(l) * GPTMP(l) | Scale coefficients

LOG-GAIN LINEAR PREDICTOR (block 46)

Inputs: GP, GSTATE

Output: GAIN

Function: Predict the current value of the offset-subtracted log-gain.
GAIN=0

For |=LGLPC,LPCLG —1,..,3,2, do the next two lines
GAIN = GAIN — GP(l + 1) * GSTATE(l)
GSTATE(l) = GSTATE(I — 1)

GAIN = GAIN — GP(2) * GSTATE(1)

LOG-GAIN OFFSET ADDER (between blocks 46 and 47)

Inputs: GAIN, GOFF
Output: GAIN
Function: Add the log-gain offset value back to the log-gain predictor output.

GAIN = GAIN + GOFF
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LOG-GAIN LIMITER (block 47)

Input: GAIN

Output: GAIN

Function: Limit the range of the predicted logarithmic gain.

If GAIN < 0, set GAIN =0 | Correspond to linear gain 1

If GAIN > 60, set GAIN = 60 | Correspond to linear gain 1000
INVERSE LOGARITHM CALCULATOR (block 48)

Input: GAIN

Output: GAIN

Function: Convert the predicted logarithmic gain (in dB) back to linear domain.

GAIN = 10(GAIN/20)

5.8 Perceptual weighting filter

PERCEPTUAL WEIGHTING FILTER (block 4)

Inputs: S, AWZ, AWP
Output: SW
Function: Filter the input speech vector to achieve perceptual weighting.

For K=1,2,..,IDIM, do the following:
SW(K) = S(K)
For J = LPCW,LPCW —1,..,3,2, do the next two lines
SW(K) = SW(K) + WFIR(J) * AWZ(J + 1) |
WFIR(J) = WFIR(J — 1) | All-zero part of the filter

SW(K) = SW(K) + WFIR(1) * AWZ(2) |
WFIR(1) = S(K) | Handle last one differently

For J = LPCW,LPCW —1,..,3,2, do the next two lines |
SW(K) = SW(K) — WIIR(J) * AWP(J + 1) | All-pole part of the filter
WIIR(J) = WIIR(J — 1)

SW(K) = SW(K) — WIIR(1) * AWP(2) |
WIIR(1) = SW(K) | Handle last one differently

Repeat the above for the next K
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5.9 Computation of zero-input response vector

Subsection 3.5 explains how a “zero-input response vexfoy'is computed by blocks 9 and 10. Now the
oper